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Abstract—The effect of propagation impairments 
phenomena is quite significant for systems operating in the 
Ka-band frequency range, resulting in a reduction in the 
end-to-end quality of a videoconferencing session. These 
systems generally utilize complex coding architectures, like 
the Digital Video Broadcasting (DVB) standard, in order to 
maintain an acceptable quality of service (QoS) at low 
signal-to-noise ratios.  Although these systems are finding 
more and more applications, the literature is still relatively 
poor in the description of models capable of representing 
such complex architectures. This paper proposes a 
videoconferencing channel model, developed in software, 
which can accurately model a complex videoconferencing 
system according the DVB standard at the required quality 
and availability.    
I. INTRODUCTION 
Bandwidth hungry services, such as videoconferencing 
applications, transmitted over satellite channels are being 
pushed at higher frequencies bands where more usable 
bandwidth is available. However, the effect of propagation 
impairments is more significant in these frequency bands, 
and hence the resulting end-to-end quality of the 
videoconferencing session can be significantly degraded. 
This effect is even more important under precipitation 
conditions, where reduction in signal-to-noise (SNR) of 
about 10 dB may be observed at low availability. 
A number of models were published in the past which 
can be used to model the propagation impairments in a 
system operating in Ka-band. Reference [1] lists the 
models which were found to be most suitable for this 
videoconferencing system model.  
On the other hand, the literature is poor in the analysis 
of the effects produced by corrupted bits in a compressed 
video stream. Hardware emulation of the ITALSAT Ka-
band satellite channel was presented in [2], where the 
telecommunication systems test-bed of the CNIT National 
Laboratory for Multimedia Communications has been 
used. However, such emulators are relatively expensive 
and are not flexible.  
There are a few video system models which are able to 
model the end-to-end quality of video systems. 
Richardson [3] has simulated a number of video formats. 
However, in the analysis [3] assumed a simple two state 
Markov model, to model the errors in ATM networks, 
which is not suitable for our system. Max Robert [4] has 
considered the effect of bit errors which occur in bursts on 
an MPEG2 digital video sequence. Coding architectures 
with such performance include convolutional, Reed-
Solomon (RS) and concatenated codes. However, this 
model is not applicable for systems utilizing Turbo codes.  
This paper presents a fast and accurate software 
simulator of a videoconferencing system which utilizes 
the Digital Video Broadcasting (DVB) standard, using 
OPNET Modeler [11]. The model is flexible and can 
easily be adapted to changing technologies.  
The structure of this paper is as follows: Section II 
provides a general overview of the videoconferencing 
system considered in this work and gives a brief 
description of the developed videoconferencing system 
model. Details of the individual models used by the 
system model are provided in the following three sections. 
The simulation results are summarized in Section VI, 
while the final comments are provided in Section VII. 
II. VIDEOCONFERENCING SYSTEM
Eutelsat’s Hotbird 6, which is a geostationary (GEO) 
satellite, located at 13˚ East, is used to deliver point-to-
point multimedia content between the University of Malta 
and its branch in the sister island of Gozo. The 
videoconference camera is used to capture the live 
videoconferencing session, and encodes the video, audio 
and data according the H.323 protocol [5]. This data is 
encapsulated within IP datagrams and passed to the 
SKYPLEX module, which encodes and modulates the 
datagrams according to the DVB standard. 
Figure 1. Videoconferencing system 
The videoconferencing system operates in the Ka-band 
at an uplink frequency of 29.5 GHz and a downlink 
frequency of 19.7 GHz and utilizes dual linear 
polarization at an elevation angle of 48.71˚. The coverage 
of the GEO satellite with respect to both earth stations is 
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about 5 dB less than its peak value. Therefore, this system 
is more susceptible to degradation in both performance 
and quality.   
The channel model of this system can be divided into 
three independent sub-models: (1) generation of the 
packets produced during a real videoconferencing session, 
(2) modeling the performance of the forward error 
correction (FEC) codes used by the SKYPLEX module 
for both the uplink and the downlink channels, and (3) 
modeling of the propagation impairments effecting both 
the uplink and the downlink satellite communication links. 
Fig. 2 illustrates the videoconferencing system model 
considered in this work.  
Figure 2. Videoconferencing system model 
III. IP PACKET GENERATOR MODEL
The H.323 protocol is an umbrella protocol which 
encodes real-time video, audio and data communication 
over the IP packet-switched network. The H.323 terminal 
compresses both audio and video streams, so that they can 
be efficiently delivered. Unreliable User Datagram 
Protocol (UDP) end-to-end services are used for the 
transmission of both audio and video information. The 
resulting H.323 packets are encapsulated within IP 
datagrams and passed to the SKYPLEX module before 
being transmitted to the remote base station. 
Figure 3. Normalized pakect size histogram 
Live videoconferencing sessions were captured and 
both arrival time and packet size were logged. After 
analyzing the data, it was found that the distribution of the 
inter-arrival time can be approximated by an exponential 
distribution. On the other hand, the packet size 
distribution did not closely match any standard probability 
density function (PDF) as shown in Fig. 3. A non-standard 
PDF based on the normalized histogram of the collected 
data was therefore generated. 
IV. FEC PERFORMANCE MODELING
The received IP datagrams are fragmented and 
encapsulated within MPEG2 TS frames [6], 188 bytes 
each. The SKYPLEX module utilizes FEC codes on both 
uplink and downlink channels in order to protect these 
frames, thus making the videoconferencing quality 
acceptable even at low SNR. 
The FEC codes were simulated using Mote Carlo 
methods [7] with a level of confidence of 95% and a 
tolerance of 10%. In both cases, an additive white 
Gaussian noise (AWGN) channel was assumed. The data 
collected during these simulations was used to develop 
fast software emulators, which can derive the performance 
of the coding scheme with negligible loss in accuracy. 
A.  Uplink Channel Simulator 
The SKYPLEX module utilizes turbo codes in the 
uplink channel according to the DVB-RCS standard [8]. 
The turbo encoder utilizes duo-binary Circular Recursive 
Systematic Convolutional (CRSC) in conjunction with the 
tail-biting technique which allows the encoded data to be 
represented by a circular trellis, without reducing the code 
rate. Using double-binary codes as component codes 
reduce the effect of puncturing.  
The decoder utilizes a modified version of the BCJR 
algorithm [9] which is computed in the logarithmic 
domain. This makes the Maximum a Posteriori (MAP) 
decoder less computational intensive and less sensitive to 
rounding-off errors. Fig. 4 illustrates the expected 
performance of the DVB-RCS forward error correction 
code. 
Figure 4. Uplink FEC performance 
B. Downlink Channel Simulator 
The GEO satellite encodes on-board the received 
MPEG2 TS frames according to the DVB-S standard [10]. 
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This standard is based on outer Reed-Solomon codes, 
inner convolutional codes and an intermediate 
convolutional interleaver.   
The outer Reed-Solomon (204, 188) shortened code is 
capable of correcting 8 corrupted bytes. The convolutional 
interleaver of depth 12 is placed between the outer and 
inner codes. The inner convolutional code has code rate of 
1/2 with a constraint length of 7. A code rate of 3/4 is 
achieved by applying the puncturing technique. Fig. 5 
illustrates the expected performance downlink FEC code. 
Figure 5. Downlink FEC performance 
V. PROPAGATION IMPAIRMENTS MODELING
The quality of service (QoS) of videoconferencing 
systems operating in the Ka-band is significantly degraded 
because of the propagation impairments present in the 
earth-satellite links. These propagation impairments 
include attenuation phenomena such as gaseous 
absorption, cloud and rain attenuation, and tropospheric 
scintillation. Moreover, for systems utilizing frequency 
reuse with orthogonal polarization, cross polar 
interference should be considered. 
Figure 6. Uplink and Downlink channel performance 
The effect of the propagation impairments is subject to 
uncertainty because of the unpredictability of the local 
weather. Long term prediction models which model the 
attenuation, noise and interference affecting a system 
operating in the Ka-band were described in [1]. These 
models make use of meteorological information to model 
such propagation impairments at the required system 
availability. The uplink and downlink channel 
performance for the videoconferencing system operating 
at a data rate of 512 kbps is shown in Fig. 6. 
VI. SIMULATION RESULTS
The videoconferencing system was modeled on 
OPNET Modeler [11], which is the industry’s leading 
environment for network modeling and simulation. Fig. 7 
illustrates the network level of the considered 
videoconferencing simulation. Each sub-network contains 
nodes which provide lower level modeling of the required 
system. Both propagation impairments and forward error 
correction models were developed and integrated within 
the Radio Transceiver Pipeline procedures available 
within OPNET Modeler [11]. The videoconferencing 
traffic generator was modeled within OPNET’s process 
model and was used to generate the traffic present during 
a videoconferencing session using the distributions 
mentioned in Section III. 
Figure 7. OPNET Modeler simulation of a videoconferencing 
system between the University of Malta and its branch in Gozo 
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The videoconferencing traffic generator data was first 
compared to the experimental data captured during the 
live videoconferencing sessions to confirm its validity. 
The results obtained are summarized in Table I, where a 
data rate of 512 kbps was used in both cases. The 
correlation between the simulated and measured results is 
evident. The discrepancies between the simulation and 
measured results are mainly present because of the 
approximated non-standard packet size distribution.   
TABLE I. SIMULATION RESULTS
Network parameters 
Characteristics Simulated Measured 
Throughput Packets / Sec 104.06 107.912 
Throughput Bits / Sec 330919 403949 
Average Packet Size (bytes) 397.5 467.913 
Mean Arrival Time 0.0092 0.0093 
The videoconferencing simulator illustrated in Fig. 7 
was used to derive the bit-error-rate (BER) and frame-
error-rate (FER) of the videoconferencing system at 
different probability of exceedance. Due to the powerful 
FEC codes used in both the uplink and the downlink 
channel, the quality of the videoconference session is 
expected to be poor at low probability of exceedance 
values. In fact, the system is expected to operate in the 
quasi error free connection (BER = 10-9 – 10-10) for 
probability of exceedance superior to 0.05%. Fig. 8 
illustrates the expected BER and FER of the 
videoconference system at low probability of exceedance 
values. These results confirm that Ka-Band 
videoconferencing systems provide a solution for 
providing content to remote rural areas, especially in 
regions where the probability of exceedance is low. 
Figure 8. BER and FER simulated performance 
VII. COMMENTS AND CONCLUSION
The end-to-end quality of a number of live 
videoconferencing sessions between the University of 
Malta and its branch in Gozo were characterized using the 
method described in [1]. The resulting BER and FER were 
found to be zero, since generally the system is operating in 
a quasi error free connection. However, under heavy 
precipitation the channel will become lossy and a number 
of packets will be lost, resulting in a significant 
degradation of the end-to-end quality of the system.  
Objective evaluation of the video quality will be 
implemented in the future. Moreover, since the H.323 
terminal utilizes channel coding to achieve efficient 
transmission of the video and audio streams, the quality of 
the videoconferencing session is not only related to first 
order quality metrics such as the BER and FER. Higher 
order modeling of the FEC models should be used so that 
the actual location of erroneous bits within a frame is 
derived.  
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